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TECHNOLOGICAL FIELD 

The invention relates to a method and a system with which an artificial audible im- 
pression corresponding to a certain space can be created for a listener. Particularly 
5 the invention relates to the processing of directed sound in such an audible impres- 
sion and to the transmitting of the resulting audible impression in a system where 
the information presented to the user is transmitted, processed and/or compressed in 
a digital form. 

10 BACKGROUND OF THE INVENTION 

An acoustic virtual environment means an audible impression with the aid of which 
the listener to an electrically reproduced sound can imagine that he is in a certain 
space. Complicated acoustic virtual environments often aim at imitating a real 
space, which is called auralization of said space, This concept is described for in- 

15 stance in the article M Kleiner, B.-I. Dalenbadc, P. Svensson: "Auralization - An 
Overview", 1993, J. Audio Eng. Soc, vol. 41, No. 11, pp. 861 - 875. The auraliza- 
lion can be combined in a natural way with the creation of a visual virtual environ- 
ment, whereby a user provided with suitable displays and speakers or a headset can 
examine a desired real or imaginary space, and even **move around" in said space, 

20 whereby he gets a different visual and acoustic impression depending on which 
point in said environment he chooses as his examination point. 

The creation of an acoustic virtual environment can be divided into three factors 
which are the modeling of the 9ound source, the modeling of the space, and the 
modeling of the listener. The present invention relates particularly to the modeling 
25 of a sound source and the early reflections of the sound. 

The VRML97 language (Virtual Reality Modeling Language 97) is often used for 
modeling and processing a visual and acoustic virtual environment, and this lan- 
guage is treated in the publication ISO/EC JTC/SC24 IS 14772-1, 1997, Informa- 
tion Technology - Computer Graphics and Image Processing - The Virtual Reality 
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Modeling Language (VRML97), April 1997; and on the corresponding pages at the 
Internet address http://www.vrml. org/Specifi^ Another set of rules 

being developed while this patent application is being written relates to the JavaSD, 
which is to become the control and processing environment of the VRML, and 
5 which is described for instance in the publication SUN Iiic. 1997: JAVA 3D API 
Specification 1.0; and at the Internet address http://www.javasoft.com/- 
products/java-media/3D/forDevelopers/3Dguide/- t Further the MPEG-4 standard 
(Motion Picture Experts Group 4) under development has as a goal that a multime- 
dia presentation transmitted via a digital communication link can contain real and 
10 virtual objects, which together form a certain audiovisual environment. The MPEG- 
4 standard is described in the publication ISO/IEC JTC/SC29 WGll CD 14496. 
1997: Information technology « Coding of audiovisual objects. November 1997; 
and on the corresponding pages at the Internet address http://www,cseltit/- 
mpeg/public/mpeg-4_cd.htm, 

15 Figure 1 shows a known directed sound model which is used in VRML97 and 
MPEG-4. The sound source is located at the point 101 and around it there is imag- 
ined two ellipsoids 102 and 103 within each other, whereby the focus of one ellip- 
soid is common with the location of the sound source and whereby the main axes of 
the ellipsoids are parallel. The sizes of the ellipsoids 102 and 104 are represented by 

20 the distances maxBack, maxFront; minBack and ininFront measured in the direction 
of the main axis. The attenuation of the sound as a function of the distance is repre- 
sented by the curve 104. Inside the inner ellipsoid 102 the sound intensity is con- 
stant, and outside the outer ellipsoid 103 the sound intensity is zero. When passing 
along any straight line through the point 101 away from the point 101 the sound in- 

25 tensity decreases linearly 20 dB between the inner and the outer ellipsoids. In other 
words, the attenuation A observed at a point 105 located between the ellipsoids can 
be calculated from the formula 

A - -20 dB ■ (d7d") 

where d' is the distance from the surface of the inner ellipsoid to the observation 
30 point, as measured along the straight line joining the points 101 and 105, and d" is 
the distance between the inner and outer ellipsoids, as measured along the same 
straight line. 

In Java3D directed sound is modeled with the ConeSound concept which is illus- 
trated in figure 2. The figure presents a section of a certain double cone structure 
35 along a plane which contains the common longitudinal axis of the cones. The sound 
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source is located at the common vertex 203 of the cones 201 and 202. Both in the 
regions of the front cone 201 and of the back cone 202 the sound is uniformly at- 
tenuated. Linear interpolation is applied in the region between the cones. In order to 
calculate the attenuation detected at the observation point 204 you must know the 
5 sound intensity without attenuation, the width of the front and back cones, and the 
angle between the longitudinal axis of the front cone and the straight line joining the 
points 203 and 204. 

A known method for modeling the acoustics of a space comprising surfaces is the 
image source method, in which the original sound source is given a set of imaginary 

10 image sources which are mirror images of the sound source in relation to the reflec- 
tion surfaces to be examined: one image source is placed behind each reflection sur- 
face to be examined, whereby the distance measured directly from this image source 
to the examination point is the same as the distance from the original sound source 
via the reflection to the examination point. Further, the sound from the image source 

15 arrives at the examination point from the same direction as the real reflected sound. 
The audible impression is obtained by adding the sounds generated by the image 
sources. 

The prior art methods are very heavy regarding the calculation, If we assume that 
the virtual environment is transmitted to the user for instance as a broadcast or via a 

20 data network, then the receiver of the user should continuously add the sound gen- 
erated by even thousands of image sources. Moreover, the bases of the calculation 
always changes when the user decides to change the location of the examination 
point. Further the known solutions completely ignore the fact that in addition to the 
direction angle the directivity of the sound strongly depends on its wave-length, in 

25 other words, sounds with a different pitch are directed differently. 

From the Finnish patent application number 974006 (Nokia Corp.) and the corre- 
sponding US patent application number 09/174989 there is known a method and a 
system for processing an acoustic virtual environment There the surfaces of the 
environment to be modeled are represented by filters having a certain frequency re- 
30 sponse. In order to transmit the modeled environment in digital transmission form it 
is sufficient to present in some way the transfer functions of all essential surfaces 
belonging to the environment. However, even this does not take into account the ef- 
fects which the arrival direction or the pitch of the sound has on the direction of the 
sound. 



35 
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SUMMARY OF THE INVENTION 

The object of the present invention lis to present a method and a system with which 
an acoustic virtual environment can toe transmitted to the user with a reasonable cal- 
culation load. A further object of the invention is to present a method and a system 
5 which are able to take into account how the pitch and the arrival direction of the 
sound affect the direction of the sound. 

The objects of the invention are attained by modeling the sound source or its early 
reflection by a parametrized systemJlfipiction where it is possible to set a desired di- 
rection of the sound with the aid df different parameters and to take into account 
10 how the direction depends on the frequency and on the direction angle. 

The method according to the invention is characterized in that in order to model 
how the sound is directed a direction dependent filtering arrangement is attached to 
the sound source of an acoustic virtual environment so that the effect of the filtering 
arrangement on the sound depends on predetermined parameters 

15 The invention relates also to a sysijtem which is characterized in that it comprises 
means for generating a filter banfc which comprises parametrized filters for the 
modeling how the direction from the sound sources belonging to the acoustic virtual 
environment 

According to the invention the moclel of the sound source or the reflection calcu- 
20 lated from it comprises direction dejpendent digital filters. A certain reference direc- 
tion, called the zero azimyth, is selected for the sound. This direction can be di- 
rected in any direction in the acoustic virtual environment. In addition to it a number 
of other directions are selected, in Miich it is desired to model how the sound is di- 
rected. Also these direction can be selected arbitrarily- Each selected other direc- 
25 tion is modeled by an own digital ifrlter having a transfer function which can be se- 
lected either to be frequency dependent or frequency independent In a case when 
the examination point is located somewhere else than exactly in a direction repre- 
sented by a filter it is possible to form different interpolations between the filter 
transfer functions. 

30 When we want to model sound and how it is directed in a system where the infor- 
mation must be transmitted in a digital form it is necessary to transmit only the data 
about each transfer function. The receiving device, knowing the desired examination 
point, determines the wound is directed from the location of the sound source to- 
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wards the examination point with the aid of the transfer functions it has recon- 
structed. If the location of the examination point changes in relation to the zero azi- 
muth the receiving device checks how the sound is directed towards the new exami- 
nation point. There can be several sound sources, whereby the receiving device cal- 
5 dilates how the sound is directed from each sound source to the examination point 
and correspondingly it modifies the sound it reproduces. Then the listener obtains 
an impression of a correctly positioned listening place, for instance in relation to a 
virtual orchestra where the instruments are located in different places and where 
they are directed in different ways. 

10 The simplest alternative to realize direction dependent digital filtering is to attach a 
certain amplification factor to each selected direction. However, then the pitch of 
the sound will not be taken into account. In a more advanced alternative the exam- 
ined frequency band is divided into sub-bands, and for each sub-band there are pre- 
sented their own amplification factors in the selected directions. In a further ad- 

15 vanced version each examined direction is modeled by a general transfer function, 
for which certain coefficients are indicated which enable the reconstruction of the 
same transfer functions. 



BRIEF DESCRIPTION OF DRAWINGS 

20 Below the invention is described in more detail with reference to preferred em- 
bodiments presented as examples and to the enclosed figures, in which 

Figure 1 shows a known directed sound model; 

Figure 2 shows another known directed sound model; 

Figure 3 shows schematically a directed sound model according to the invention; 

25 Figure 4 shows a graphical representation of how the sound is directed, generated 
by a model according to the invention; 

Figure 5 shows how the invention is applied to an acoustic virtual environment; 
Figure 6 shows a system according to the invention; 

Figure 7a shows in more detail a part of a system according to the invention; and 
30 Figure 7b shows a detail of figure 7a. 
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Reference to the figures 1 and 2 was made above in connection with the description 
of prior art, so in the following description of the invention and its preferred em- 
bodiments reference is mainly made to the figures 3 to 7b. 



5 DETAILED DESCRIPTION OF THE INVENTION 

Figure 3 shows the location of a sound source in point 300 and the direction 301 of 
the zero azimuth. In the figure it is assumed that we want to represent the sound 
source located in point 300 with four filters, of which the first one represents the 
sound propagating from the sound source in the direction 302, the second one repre- 

10 sents the sound propagating from the sound source in the direction 303, the third 
one represents the sound propagating from the sound source in the direction 304 f 
and the fourth one represents the sound propagating from the sound source in the 
direction 305. Further it is assumed in the figure that the sound propagates symmet- 
rically in relation to the direction 301 of the zero azimuth, so that in fact each of the 

15 directions 302 to 305 represents any corresponding direction on a conical surface 
which is obtained by rotating the radius representing the examined direction around 
the direction 301 of the zero azimuth. The invention is not limited to these assump- 
tions, but some features of the invention are more easily understood by considering 
first a simplify embodiment of the invention. In the figure the directions 302 to 

20 305 are shown as equidistant lines in the same plane, but the directions can as well 
be selected arbitrarily- 
Each filter shown in figure 3 and representing the sound propagating in a direction 
different from the zero azimuth direction is shown symbolically by a block 306, 
307, 308 and 309. Each filter is characterized by a certain transfer function H is 

25 where i e {1, 2, 3, 4}. The transfer functions of the filters are normalized so that a 
sound propagating in relation to the zero azimuth is the same as the sound as such 
generated by the sound source. Because a sound is typically a function of time the 
sound generated by the sound source is presented as X(t). Each filter 306 to 309 
generates a response Y { (t), where ie {1, 2, 3, 4}, according to the equation 

30 Yi(t) - Hi * X(t) (1) 

where * represents convolution in relation to the time. The response Yi(t) is the 
sound directed into the direction in question. 



In it simplest form the transfer function means that the impulse X(t) i3 multiplied by 
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a real number. Because it is natural to choose the zero azimuth as that direction in 
which the strongest sound is directed, then the simplest transfer functions of the fil- 
ters 306 to 309 are real numbers between zero and one, these limits included. 

A simple multiplication by real numbers does not take into account importance of 
5 the pitch for the directivity of the sound. A more versatile transfer function is such 
where the impulse is divided into predetermined frequency bands, and each fre- 
quency band is multiplied by its own amplification factor, which is a real number. 
The frequency bands can be defined by one number which represents the highest 
frequency of the frequency band. Alternatively certain real number coefficients can 
10 now be presented for some example frequencies, whereby a suitable interpolation is 
applied between these frequencies (for instance, if there is given a frequency of 400 
Hz and a factor 0.6; and a frequency of 1000 Hz and a factor is 0.2, then with 
straightforward interpolation we get the factor 0.4 for the frequency 700 Hz). 

Generally it can be stated that each filter 306 to 309 is a certain IIR or FIR filter 
15 (Infinite Impulse Response; Finite Impulse Response) having a transfer function H 
which can be expressed with the aid of a Z-transform H(z). When we take the Z- 
transfonn X(t) of the impulse X(t) and the Z-transform Y(t) of the impulse Y(t), then 
we get the definition 

M 

^j = I^ = ^ (2) 



X(z) " k 

l + 2-r a ** 



k-\ 



20 whereby it is sufficient to express the coefficierits [b 0 bi ai t>2 a* ...] used in model- 
ing the Z-transform in order to express an arbitrary transfer function. The upper 
limits N and M used in the summing represent that accuracy at which it is desired to 
define the transfer function. In practice they are determined by how large capacity is 
available in order to store and/or to transmit in a transmission system the coeffi- 

25 cients used to model each single transfer function. 

Figure 4 shows how the sound generated by a trumpet is directed, as expressed by 
the zero azimuth and according to the invention also with eight frequency dependent 
transfer functions and interpolations between them. The maimer in which the sound 
is directed is modeled in a three-dimensional coordinate system where the vertical 
30 axis represents the sound volume in decibels, the first horizontal axis represents the 
direction angle in degrees in relation to the zero azimuth, and the second horizontal 
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axis represents the frequency of the sound in kilobertz. Thanks to the interpolations 
the sound is represented by a surface 400, At the upper left edge of the figure the 
surface 400 is limited by a horizontal line 401, which expresses that the volume is 
frequency independent in the zero azimuth direction. At the upper right edge the 
5 surface 400 is limited by an almost horizontal line. 402, which indicates that the vol- 
ume does not depend on the direction angle at very low frequencies (at frequencies 
which approach 0 Hz). The frequency responses of the filters representing different 
direction angles are curves which start from the line 402 and extend downwards 
slantingly to the left in the figure. The direction angles are equidistant and their 
10 magnitudes are 22.5°, 45°, 67,5°, 90°, 112.5°, 135°, 157.5° and 180°. For instance 
the curve 403 represents the volume as a function of the frequency regarding the 
sound which propagates in the angle 157.5° as measured from the zero azimuth, and 
this curve shows that in this direction the highest frequencies are attenuated more 
than the low frequencies. 

15 The invention is suitable for the reproduction in local equipment where the acoustic 
virtual environment is created in the computer memory and processed in the same 
connection, or it is read from a storage medium, such as a DVD disc (Digital Ver- 
satile Disc) and reproduced to the user via audiovisual presentation means (displays, 
speakers). The invention is further applicable in system where the acoustic virtual 

20 environment is generated in the equipment of a so called service provider and 
transmitted to the user via a transmission system. A device, which to a user repro- 
duces the directed sound processed in a manner according to the invention, and 
which typically enables the user to select in which point of the acoustic virtual envi- 
ronment he wants to listen to the reproduced sound, is generally called the receiving 

25 device. This term is not intended to be limiting regarding the invention. 

When the user has given the receiving device information about in which point of 
the acoustic virtual environment he wants to listen to the reproduced sound, the re- 
ceiving device determines in which way the sound is directed from the sound source 
towards said point. In figure 4 this means, graphically examined, that when the re- 

30 ceiving device has determined the angle between the zero azimuth of the sound 
source and the direction of the examination point, then it cuts the surface 400 with a 
vertical plane which is parallel to the frequency axis and cuts the direction angle 
axis at that value, which indicates the angle between the zero azimuth and the ex- 
amination point. The section between the surface 400 and said vertical plane is a 

35 curve which represents the relative volume of the sound detected in the direction of 
the examination point as a function of the frequency. The receiving device forms a 
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filter which realizes a frequency response according to said curve, and directs the 
sound generated by the sound source through the filter which it has formed, before 
it is reproduced to the user. If the user decides to change the location of the exami- 
nation point the receiving device determines a new curve and creates a new filter in 
5 the manner described above. 

Figure 5 shows an acoustic virtual environment 500 having three virtual sound 
sources 501, 502 and 503 which are differently directed. The point 504 represents 
the examination point chosen by the user. In order to explain the situation shown in 
figure 5 there is created according to the invention for each sound source 501, 502 

10 and 503 an own model representing how the sound is directed, whereby the model 
in each case can be roughly according to the figures 3 and 4, however, taking into 
account that the zero azimuth has a different direction for each virtual sound source 
in the model. In this case the receiving device must create three separate filters in 
order to take into account how the sound is directed. In order to create the first filter 

15 there are determined those transfer functions which model how the sound tra n sm it - 
ted by the first sound source is directed, and with the aid of these and an interpola- 
tion there is created a surface according to figure 4> Further there is determined the 
angle between the direction of the examination point and the zero azimuth 505 of 
the sound source 501, and with the aid of this angle we can read the frequency re- 

20 sponse in said direction on the above mentioned surface. The same operations are 
repeated separately for each sound source. The sound which is reproduced to the 
user is the sum of the sound from all three sound sources, and in this sum each 

sound has been filtered with a filter modeling how said sound is directed. 

* 

According to the invention we can, in addition to the actual sound sources, also 
25 model sound reflections, particularly early reflections. In figure 5 there is formed by 
an image source method known per se an image source 506 represents how the 
sound transmitted by the sound source 503 is reflected from an adjacent wall. This 
image source can be processed according to the invention in exactly the same way 
as the actual sound sources, in other words we can determine for it the direction of 
30 the zero azimuth and the sound directivity (frequency dependent, when required) in 
directions differing from the zero azimuth direction. The receiving device repro- 
duces the sound "generated" by the image source by the same principle as it uses for 
the sound generated by the actual sound sources. 

Figure 6 shows a system having a transmitting device 601 and a receiving device 
35 602. The transmitting device 601 generates a certain acoustic virtual environment 



10 

which comprises at least one sound source and the acoustic characteristics of at least 
one space, and it transmits the environment in some form to the receiving device 
602. The transmission can be effected for instance as a digital radio or television 
broadcast, or via a data network. The transmission can also mean that the transmit- 
5 ting device 601 generates a recording such as a DVD disc (Digital Versatile Disc) 
on the basis of the acoustic virtual environment which it has generated, and the user 
of the receiving device acquires this recording for his use. A typical application de- 
livered as a recording could be a concert where the sound source is an orchestra 
comprising virtual instruments and the space is an electrically modeled imagined or 

10 real concert hall, whereby the user of the receiving device with his equipment can 
listen to how the performance sounds in different places of the hall. If this virtual 
environment is audiovisual, then it also comprises a visual section realized by com- 
puter graphics, The invention does not require that the transmitting device and the 
receiving device are different devices, but the user can create a certain acoustic vir- 

15 tual environment in one device and use the same device for examining his creation. 

In the embodiment presented in figure 6 the user of the transmitting device creates a 
certain visual environment, such as a concert hall with the aid of the computer 
graphics tools 603, and a video animation, such as the players and the instruments 
of a virtual orchestra with corresponding tools 604, Further he enters via a keyboard 

20 605 certain directivities for the sound sources of environment which he created, 
most preferably the transfer functions which represent how the sound is directed 
depending on the frequency. The modeling of how the sound is directed can also be 
based on measurements which have been made for real sound sources; then the di- 
rectivity information is typically read from a database 606. The sounds of the virtual 

25 instruments are loaded from the database 606. The transmitting device processes the 
information entered by the user into bit streams in the blocks 607, 608, 609 and 610, 
and combines the bit streams into one data stream in the multiplexer 611, The data 
stream is supplied in some form to the receiving device 602 where the demultiplexer 
612 from the data stream separates the image section representing the static envi- 

30 ronment into the block 613, the time dependent image section or the animation into 
the block 614, the time dependent sound into the block 615, and the coefficients 
representing the surfaces into the block 616. The image sections are combined in the 
display driver block 617 and supplied to the display 618. The signals representing 
the sound transmitted by the sound sources are supplied from the block 615 into the 

35 filter bank 619 having filters with transfer functions which are reconstructed with 
the aid of the a and b parameters obtained from the block 616. The sound generated 
by the filter bank is supplied to the headset 620. 
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The figures 7a and 7b show in more detail a filter arrangement of the receiving de- 
vice with which it is possible to realize the acoustic virtual environment in the man- 
ner according to the invention. Also other factors related to the sound processing are 
taken into account in the figures, and not only the sound directivity modeling ac- 
5 cording to the invention. The delay means 721 generates the mutual time differences 
of the different sound components (for instance the mutual 'time differences of 
sounds which have been reflected along different paths, or of virtual sound sources 
located at different distances). At the same time the delay means 721 operates as a 
demultiplexer which directs the correct sounds into the correct filters 722, 723 and 

10 724. The filters 722, 723 and 724 are parametrized filters which are described in 
more detain in figure 7b. The signals supplied by them are on one hand branched to 
the filters 701, 702 and 703, and on the other hand via adders and an amplifier 704 
to the adder 705, which together with the echo branches 706, 707, 708 and 709 and 
the adder 710 and the amplifiers 711, 712, 713 and 714 form a coupling known per 

15 se, with which post-echo can be generated to a certain signal. The filters 701, 702 
and 703 are directional filters known per se which take into account the differences 
of the listener's auditory perception in different directions, for instance according to 
the HRTF model (Head-Related Transfer Function). Most advantageously the filters 
701, 702 and 703 also contain so called ITD delays (Interaural Time Difference) 

20 which model the mutual time difference of the sound components arriving from dif- 
ferent directions to the listener's ears. 

In the filters 701, 702 and 703 each signal component is divided into the right and 
the left channels, or in a multichannel system generally into N channels. All signals 
related to a certain channel are combined in the adder 715 or 716 and directed to the 

25 adder 717 or 718, where the post-echo belonging to each signal is added to the sig- 
nal. The lines 719 and 720 lead to the speakers or to the headset. la figure 7a the 
points between the filters 723 and 724 and the filters 702 and 703 mean that the in- 
vention does not limit how many filters there are in the filter bank of the receiving 
device. There may be even hundreds or thousands of filters, depending on the com- 

30 plexity of the modeled acoustic virtual environment- 
Figure 7b shows in more detail a possibility to realize the parametrized filter 722 
shown in figure 7a. In figure 7b the filter 722 comprises three successive filter 
stages 730, 731 and 732, of which the first filter stage 730 represents the propaga- 
tion attenuation in a medium (generally air), the second stage 731 represents the ab- 

35 sorption occurring in the reflecting material (it is applied particularly in modeling 
the reflections), and the third stage 732 takes into account both the distance which 
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the sound propagates in the medium from the sound source (possibly via a reflecting 
surface) to the examination point and the characteristics of the medium, such as the 
humidity, pressure and temperature of the air. In order to calculate the distance the 
first stage 730 obtains from the transmitting device information about the location of 
5 the sound source in the coordinate system of the space to be modeled, and from the 
receiving device information about the coordinates of the that point which the user 
has chosen as the examination point. The first stage 730 obtains the data describing 
the characteristics of the medium either from the transmitting device or from the re- 
ceiving device (the user of the receiving device can be enabled to set desired me- 

10 dium characteristics). As a default the second stage 731 obtains from the transmit- 
ting device a coefficient describing the absorption of the reflecting surface, though 
also in this case the user of the receiving device can be given a possibility to change 
the characteristics of the modeled space. The third stage 732 takes into account how 
die sound transmitted by the sound source is directed from the sound source into 

15 different directions in the modeled space; thus the third stage 732 realizes the in- 
vention presented in this patent application. 

Above we have generally discussed how the characteristics of the acoustic virtual 
environment can be processed and transmitted from one device to another device by 
using parameters. In the following we discuss how the invention is applied to a cer- 

20 tain data transmission form. Multimedia means a mutually synchronized presenta- 
tion of audiovisual objects to the user. It is thought that interactive multimedia pres- 
entations will come into large-scale use in future, for instance as a form of enter- 
tainment and teleconferencing. From prior art there are known a number of stan- 
dards which define different ways to transmit multimedia programs in an electrical 

25 form. In this patent application we discuss particularly the so called MPEG stan- 
dards (Motion Picture Experts Group), of which the MPEG-4 standard being pre- 
pared at the time when this patent application is filed has as an aim that the trans- 
mitted multimedia presentation can contain real and virtual objects, which together 
form a certain audiovisual environment The invention is not in any way limited to 

30 be used only in connection with the MPEG-4 standard, but it can be applied for in- 
stance in the extensions of the VRML97 standard, or even in future audiovisual 
standards which are unknown for the time being. 

A data stream according to the MPEG-4 standard comprises multiplexed audiovis- 
ual objects which can contain a section which is continuous in time (such as a syn- 
35 thesized sound) and parameters (such as the location of the sound source in the 
space to be modeled). The objects can be defined to be hierarchic, whereby so 
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called primitive objects are on the lowest level of the hierarchy. In addition to the 
objects a multimedia program according to the MPEG-4 standard includes a so 
called scene description which contains such information relating to the mutual re- 
lations of the objects and to the arrangement of the general setting of the program, 
5 which information most advantageously is encoded and decoded separately from the 
actual objects. The scene description is also called the BIFS section (Binary Format 
for Scene description). The transmission of an acoustic virtual environment accord- 
ing to the invention is advantageously realized by using the structured audio lan- 
guage defined in the MPEG-4 standard (SAOL/SASL; Structured Audio Orchestra 
10 Language / Structured Audio Score Language) or the VRML97 language. 

In the above mentioned languages there is at present defined a Sound node which 
models the sound source. According to the invention it is possible to define an ex- 
tension of a known Sound node, which in this patent application is called a Direc- 
tiveSound node. In addition to the known Sound node it further contains a field, 
15 which here is called the directivity field and which supplies the information required 
for reconstruct the filters representing the sound directivity. Three different alterna- 
tives for modeling the filters were presented above, so below we describe how these 
alternatives appear in the directivity field of a DirectiveSound node according to the 
invention. 

20 According to the first alternative each filter modeling a direction different from a 
certain zero azimuth corresponds to a simple multiplication by an amplification 
factor being a standardized real number between 0 and 1, Then the contents of the 
directivity field could be for instance as follows: 

((0.79 0.8) (1.57 0.6) (2.36 0,4) (3.14 0,2)) 

25 In this alternative the directivity field contains as many number pairs as there are 
directions differing from the zero azimuth in the sound source model. The first 
number of a number pair indicates the angle in radians between the direction in 
question and the zero azimuth, and the second number indicates the amplification 
factor in said direction. 

30 According to the second alternative the sound in each direction differing from the 
direction of the zero azimuth is divided into frequency bands, of which each has its 
own amplification factor. The contents of the directivity field could be for instance 
as follows: 
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((0.79 125.0 0,8 1000.0 0.6 4000.0 0.4) 
(1.57 125.0 0.7 1000.0 0.5 4000.0 0.3) 
(2.36 125.0 0.6 1000.0 0.4 4000.0 0.2) 
(3.14 125.0 0.5 1000.0 0.3 4000.0 0.1)) 

In this alternative the directivity field contains as many number sets, separated from 
each other by the inner parentheses, as there are directions differing from the direc- 
tion of the zero azimuth in the sound source model. In each number set the first 
number indicates the angle in radians between the direction in question and the zero 
azimu th. After the first number there are number pairs, of which the first one indi- 
cates a certain frequency in hertz and the second is the amplification factor. For in- 
stance the number set (0.79 125.0 0.8 1000.0 0.6 4000.0 0.4) can be interpreted so 
that in the direction 0.79 radians an amplification factor of 0.8 is used for the fre- 
quencies 0 to 125 Hz, an amplification factor of 0.6 is used for the frequencies 125 
to 1000 Hz, and an amplification factor of 0.4 is used for the frequencies 1000 to 
4000 Hz. Alternatively it is possible to use a notation where the above mentioned 
number set means that in the direction 0.79 radians the amplification factor is 0.S at 
the frequency 125 Hz, the amplification factor is 0.6 at the frequency 1000 Hz, and 
the amplification factor is 0.4 at the frequency 4000 Hz, and the amplification fac- 
tors at other frequencies are calculated from these by interpolation and extrapola- 
tion. Regarding the invention it is not essential which notation is used, as long as 
the used notation is known to both the transmitting device and the receiving device. 

According to the third alternative a transfer function is applied in each direction dif- 
fering from the zero azimuth, and in order to define the transfer function there are 
given the a and b coefficients of its Z-transform. The contents of the directivity field 
could be for instance as follows; 

((45 b 45 ,o b 45j i a4s,i b 4 s^ 845,2 ...) 
(90b 90| o bgo.i arjo.i b^ Zqqjz ...) 
(135 bi3 5f o bi35.i ai35,l bi35 i2 ai3s^ ...) 
(180 biao^ biao.i a. l80 ,i biao^ &\zoa ...)) 

In this alternative the directivity field also contains as many number sets, separated 
from each other by the inner parentheses, as there are directions differing from the 
direction of the zero azimuth in the sound source model. In each number set the first 
number indicates the angle, this time in degrees, between the direction in question 
and the zero azimuth; in this case, as also in the cases above, it is possible to use 
any other known angle units as well. After the first number there are the a and b co- 
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efficients which determine the Z-transform of the transfer function used in the di- 
rection in question. The points after each number set mean that the invention does 
not impose any restrictions on how many a and b coefficients define the Z- 
transfonns of the transfer function. In different number sets there can be a different 
5 number of a and b coefficients. In the third alternative the a and b coefficients could 
also be given as their own vectors, so that an efficient modeling of FIR or all-pole- 
IIR filters would be possible in the same way as in the publication Ellis, S. 1998: 
"Towards more realistic sound in VMRL". Proc. VRML'98, Monterey, USA, Feb. 
16-19, 1998, pp.95-100. 

10 The above presented embodiments of the invention are of course only intended as 
examples, and they do not have any effect of restricting the invention. Particularly 
the manner in which the parameters representing the filters are arranged in the di- 
rectivity field of the DirectiveSound node can be chosen in very many ways. 



